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1
APPARATUS AND METHOD OF
REPRODUCING VIRTUAL SOUND OF TWO
CHANNELS BASED ON LISTENER’S
POSITION

CROSS-REFERENCE TO RELATED
APPLICATIONS

This application is a continuation application of prior
application Ser. No. 11/641,067, filed on Dec. 19, 2006, in the
United States Patent and Trademark Office, which claims
priority under 35 U.S.C. 119 §(a) and 120 from Korean Patent
Application No. 10-2006-0018428, filed on Feb. 24, 2006, in
the Korean Intellectual Property Office, and U. S. Provisional
Application No. 60/752,409, filed on Dec. 22, 2005, the dis-
closures of which are incorporated herein in their entireties by
reference.

BACKGROUND OF THE INVENTION

1. Field of the Invention

The present general inventive concept relates to a virtual
sound generation system, and more particularly, to an appa-
ratus and method of reproducing a virtual sound of two chan-
nels which adaptively reproduces a 2-channel stereo sound
signal reproduced through a recording medium such as DVD,
CD, or MP3 player etc., based on a listener’s position.

2. Description of the Related Art

In general, a virtual sound reproduction system provides a
surround sound effect such as a 5.1 channel system, using
only two speakers.

Technology related to this virtual sound generation is dis-
closed in WO 99/49574 (PCT/AU 99/00002, filed on 6 Jan.
1999, entitled, “AUDIO SIGNAL PROCESSING METHOD
AND APPARATUS”).

In a conventional virtual sound generation system, a multi-
channel audio signal is down-mixed as a 2-channel audio
signal using a head related transfer function (HRTF).

Referring to FIG. 1, a 5.1-channel audio signal is input.
5.1-channel includes a left front channel, a right front chan-
nel, a center front channel, a left surround channel, a right
surround channel, and a low frequency effect (LFE) channel.
Left and right impulse response functions are applied to the
respective channels. Thus, a corresponding left front impulse
response function 4 is convolved with a left front signal 3 with
respect to a left front channel 2. The left front impulse
response function 4 is an ideal spike output from a left front
channel speaker located in an ideal position, and uses an
HRTF as an impulse response to be received by a listener’s
left ear. An output signal 7 is combined with a left channel
signal 10 for a headphone. Similarly, a corresponding
impulse response function 5 with respect to a right ear for a
right channel speaker is convolved with a left front signal 3 so
as to generate an output signal 9 to be combined with a right
channel signal 11. Thus, the arrangement of FIG. 2 requires
about 12 convolution steps with respect to 5.1-channel sig-
nals. As such, the 5.1-channel signals are down-mixed by
combining a measured HRTF, and even though they are
reproduced as 2-channel signals, a surround effect as being
reproduced by a multi-channel can be illustrated.

However, in the conventional virtual sound reproduction
system, since a sweet spot (i.e., the ideal spot to maximize
stereo-sound quality) is defined as a partial region (in general,
a center point between two speakers), if a listener does not
contact the sweet spot, a stereo surround-sound feeling is
remarkably reduced. When the conventional virtual sound
reproduction system is used in a TV, a surround-sound stereo
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2

feeling cannot be provided to a TV audience in a position that
is deviated from the center point between two speakers.

SUMMARY OF THE INVENTION

The present general inventive concept provides a method
and an apparatus of reproducing a 2-channel stereo sound in
which an optimum virtual stereo sound is generated based on
a listener’s position when the listener’s position is deviated
from a sweet spot.

Additional aspects and utilities of the present general
inventive concept will be set forth in part in the description
which follows and, in part, will be obvious from the descrip-
tion, or may be learned by practice of the general inventive
concept.

The foregoing and/or other aspects and utilities of the
present general inventive concept may be achieved by pro-
viding a method of reproducing a virtual sound by which a
multi-channel audio signal is reproduced as a 2-channel out-
put, the method including sensing a listener’s position and
recognizing distance and angle information about the listen-
er’s position, determining output gain values and delay values
of two speakers based on the distance and angle information
about the sensed listener’s position and selecting localization
filter coefficients in a predetermined table, and updating filter
coefficients of a localization filter based on the selected local-
ization filter coefficients and adjusting output levels and time
delays of the two speakers from the determined gain values
and delay values.

The sensing of the listener’s position may include measur-
ing an angle and a distance of a central position of the two
speakers based on a listener.

The localization filter may use a structure in which a bin-
aural synthesis matrix and a crosstalk canceller matrix are
multiplied.

The determining of the output gain values and the delay
values of the two speakers may include calculating a distance
between the listener and the two speakers.

Leftand right output gains and left and right delay values of
the two speakers may be obtained by g,=r,/r,, gz=r,/1,,
A =linteger(F (R,-r,)/cl, Ag=linteger(F (r,-r,/c)l, where r,
is a distance between a left speaker and a listener, r, is a
distance between a right speaker and the listener, F, is a
sampling frequency, ¢ is sound velocity, and integer is an
operator making an integer by rounding off to the nearest
integer.

The selecting of the localization filter coefficients may
include establishing a localization filter table in which a bin-
aural synthesis matrix and a crosstalk canceller matrix are
multiplied, in advance, selecting a filter type index corre-
sponding to an angle between the two speakers and the lis-
tener, and extracting the localization filter coefficients corre-
sponding to the filter type index.

Coeflicients in which the binaural synthesis matrix and the
crosstalk canceller matrix that are calculated in various posi-
tions of the listener in advance may be multiplied in advance
are stored in the filter table.

The foregoing and/or other aspects and utilities of the
present general inventive concept may also be achieved by
providing an apparatus to reproduce a virtual sound including
a position recognition system to sense a listener’s position
and to measure an angle and a distance between a listener and
two speakers, a parameter converter to extract output gain
values and delay values of two speakers from distance infor-
mation extracted by the position recognition system and to
determine filter type index information that matches angle
information from a predetermined filter table, and a virtual
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sound processor to adjust output levels and time delays of two
speakers from the output gain values and delay values of two
speakers converted by the parameter converter and to update
filter coefficients of a localization filter from filter coefficients
corresponding to the filter type index information.

The parameter converter may include a geometry conver-
sion unit to calculate a geometry relationship between the two
speakers and the listener based on the distance and angle
information between the two speakers and the listener, an
acoustic model unit to extract output gain values and delay
values of the two speakers through acoustic modeling from
the distance information calculated by the geometry conver-
sion unit, and a table matching unit to extract a filter type
index to select a set of filter coefficients of the localization
filter corresponding a listener’s position from the angle infor-
mation calculated by the geometry conversion unit and a
predetermined localization filter coefficient table.

The virtual sound processor may include a filter table in
which localization filter coefficients that are calculated in
advance and match each of filter type indices are stored, a
virtual sound generator to update filter coefficients of the
localization filter from the localization filter coefficients that
match the filter type index information and to convert audio
signals of two channels into virtual sound sources in a prede-
termined position, and an output controller to adjust output
levels and time delays of signals output from the virtual sound
generator based on the output gain values and delay values of
the two speakers.

The virtual sound generator may include a filter matrix
structure in which a binaural synthesis matrix and a crosstalk
canceller matrix are multiplied.

The filter table may include localization filter coefficients
calculated in various positions of the listener.

The foregoing and/or other aspects and utilities of the
present general inventive concept may also be achieved by
providing a computer-readable recording medium having
recorded thereon a program to execute a method of reproduc-
ing a virtual sound by which a multi-channel audio signal is
reproduced as a 2-channel output, wherein the program con-
trols the method according to a process including, sensing a
listener’s position and recognizing distance and angle infor-
mation about the listener’s position, determining output gain
values and delay values of two speakers based on the distance
and angle information about the sensed listener’s position and
selecting localization filter coefficients in a predetermined
table, and updating filter coefficients of a localization filter
based on the selected localization filter coefficients and
adjusting output levels and time delays of the two speakers
from the determined gain values and delay values.

The foregoing and/or other aspects and utilities of the
present general inventive concept may also be achieved by
providing an apparatus to implement virtual sound based on a
listener’s position using two speakers, the apparatus includ-
ing a geometry conversion unit to calculate a geometry rela-
tionship between the two speakers and the listener based on
distance and angle information between the two speakers and
the listener, an acoustic model unit to extract output gain
values and delay values of the two speakers through acoustic
modeling from the distance information calculated by the
geometry conversion unit, and a table matching unit to extract
a filter type index to select a set of filter coefficients of the
localization filter corresponding a listener’s position from the
angle information calculated by the geometry conversion unit
and a predetermined localization filter coefficient table.

The apparatus may further include a filter table to store
localization filter coefficients that are calculated in advance
and to select at least one of the localization filter coefficients
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according to the filter type index, a virtual sound generator to
update localization filter coefficients that match the filter type
index and to convert audio signals into two channels of virtual
sound sources in a predetermined position according to the
updated localization filter coefficients, and an output control-
ler to adjust output levels and time delays of signals output
from the virtual sound generator based on the output gain
values and delay values of the two speakers.

The apparatus may further include a virtual sound genera-
tor including a signal correction filter unit to adjust gains and
time delays of a left channel signal, a center channel signal, a
low frequency eftect channel signal, and a right channel sig-
nal of the audio signals, a virtual surround filter unit to lower
a correlation between an input left surround channel signal
and an input right surround channel signal of the audio signals
and to generate a virtual sound source at left and right sides of
the listener, a first addition unit to add the left surround
channel signal output from the virtual surround filter unit and
the left channel signal output from the signal correction unit
and then output an added left signal to one of the two speakers
as one of the two channels, and a second addition unit to add
the right surround channel signal output from the virtual
surround filter unit and the right channel signal output from
the signal correction unit and then output the added right
signal to the other of the two speakers as the other one of the
two channels.

The virtual surround filter unit may include a preprocess-
ing filter unit to lower the correlation between the input left
surround channel signal and the input right surround channel
signal, to improve a localization feeling and to simulta-
neously generate a presence feeling, and a localization filter
unit to receive signals output from the preprocessing filter
unit, and dispose the virtual sound source at left and right rear
sides of the listener so as to generate a surround sound stereo
feeling by multiplying a crosstalk canceller matrix and a
binaural synthesis matrix corresponding to various positions
of the listener to establish the filter table.

The foregoing and/or other aspects and utilities of the
present general inventive concept may also be achieved by
providing a method of implementing virtual sound based on a
listener’s position using two speakers, the method including
calculating a geometry relationship between the two speakers
and the listener based on distance and angle information
between the two speakers and the listener, extracting output
gain values and delay values of the two speakers through
acoustic modeling from the calculated distance information,
and extracting a filter type index to select a set of filter coef-
ficients of a localization filter corresponding a listener’s posi-
tion from the calculated angle information.

The foregoing and/or other aspects and utilities of the
present general inventive concept may also be achieved by
providing an apparatus to implement virtual sound based on a
listener’s position using two speakers, the apparatus includ-
ing a filter table to store a plurality of localization filter coef-
ficients that are calculated in advance and match each of a
plurality of filter type indices, a virtual sound generator to
design a crosstalk canceller in various predetermined posi-
tions of a listener to convert audio signals into two channels of
virtual sound sources according to the filter type indices, and
an output controller to adjust output levels and time delays of
signals output from the virtual sound generator based on
output gain values and delay values of the two speakers.

The foregoing and/or other aspects and utilities of the
present general inventive concept may also be achieved by
providing a method of implementing virtual sound based on a
listener’s position using two speakers, the method including
calculating a plurality of localization filter coefficients,
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matching a plurality of filter type indices to the plurality of
localization filter coefficients, designing a crosstalk canceller
in various predetermined positions of a listener to convert
audio signals of two channels into virtual sound sources
according to one or more filter type indices, and adjusting
output levels and time delays of output signals output based
on output gain values and delay values of the two speakers.

BRIEF DESCRIPTION OF THE DRAWINGS

These and/or other aspects and utilities of the present gen-
eral inventive concept will become apparent and more readily
appreciated from the following description of the embodi-
ments, taken in conjunction with the accompanying drawings
of which:

FIG. 1 is a block diagram illustrating a conventional stereo
sound generation system;

FIG. 2 is a view illustrating a crosstalk canceller that is
changed based on a listener’s position;

FIG. 3 is a view illustrating a geometrical relationship
between two speakers and a listener;

FIG. 4 is ablock diagram illustrating an apparatus to repro-
duce a virtual sound according to an embodiment of the
present general inventive concept;

FIG. 5 is a detailed diagram illustrating a parameter con-
verter of the apparatus of FIG. 4;

FIG. 6 is a detailed diagram illustrating a virtual sound
processor of the apparatus of FIG. 4;

FIG. 7 is a view illustrating the virtual sound generator of
FIG. 6;

FIG. 8 is a view illustrating a signal correction filter unit of
the virtual sound generator of FIG. 7;

FIG. 9 is a view illustrating a virtual surround filter unit of
the virtual sound generator of FIG. 7;

FIG. 10 is a view illustrating a localization filter unit of the
virtual sound filter unit of FIG. 9; and

FIG. 11 is a design block diagram illustrating the localiza-
tion filter unit of FIG. 9.

DETAILED DESCRIPTION OF THE PREFERRED
EMBODIMENTS

Reference will now be made in detail to the embodiments
of the present general inventive concept, examples of which
are illustrated in the accompanying drawings, wherein like
reference numerals refer to the like elements throughout. The
embodiments are described below in order to explain the
present general inventive concept by referring to the figures.

Reproducing an optimized 2-channel virtual sound based
on a listener’s position will now be described.

FIG. 2 is a conceptual view illustrating a crosstalk cancel-
ler that is changed based on a listener’s position. Referring to
FIG. 2, a sound source 200 emits sound which provides a
surround-sound stereo feeling through head related transfer
functions (HRTFs) (H;, Hz) of two ears of a listener. In order
to implement a virtual sound using two speakers, a crosstalk
canceller filter (e.g. “asymmetric crosstalk canceller”) 210
that cancels a crosstalk phenomenon between two speakers
222 and 224 and a listener 230 is required. Since the crosstalk
canceller filter 210 is designed from a listener’s specific posi-
tion, when the listener’s position changes, filter coefficients
of the crosstalk canceller filter 210 should also change
accordingly. Thus, a core technology of an adaptive type
apparatus to reproduce a virtual sound depends on a design
technology of the crosstalk canceller filter 210 based on a
listener’s position.
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A design of the asymmetric crosstalk canceller will now be
described.

A conventional crosstalk canceller is designed using four
acoustic paths called HRTFs, between a speaker and two ears
of'a listener. The conventional crosstalk canceller is designed
by performing an inverse matrix of the size of 2. When two
speakers are disposed symmetrically about the listener, since
a distance between the two speakers and a distance between
the listener and the two speakers are the same, the conven-
tional crosstalk canceller can be designed using the measured
HRTF. However, as illustrated in F1G. 2, when the two speak-
ers 222 and 224 are disposed asymmetrically about the lis-
tener 230, a distance between the two speakers 222 and 224
and a distance between the listener 230 and the two speakers
222 and 224 are not the same. Thus, the asymmetric crosstalk
canceller cannot use the measured HRTF and is designed by
adding an acoustic model to consider eftects of the differing
distances. The acoustic model uses a known free field model,
a direct and reverberant model, etc.

FIG. 3 illustrates a geometrical relationship between two
speakers and a listener. Referring to FIG. 3, a half of a dis-
tance between two speakers is d, a distance and an angle with
respectto a position between the center point between the two
speakers and the listener are r and ©, respectively, a distance
between a left speaker and the listener is r;, a distance
between a right speaker and the listener is r,, an angle formed
by r and a vector r, is ©,, and an angle formed by rand r, is
O,.
As illustrated in FIG. 3, assuming the listener sees the
center between the two speakers, HRTFs corresponding to a
left speaker and two ears are H,(S,) and Hy(S,), respec-
tively, and HRTFs corresponding to a right speaker and two
ears are H,(©,) and Hx(©,), respectively. A crosstalk can-
celler which considers a distance between speakers may be
designed using the four measured HRTFs and a free field
acoustic model, as following equation 1.

1 1 -1 [EQUATION 1]
HL(OI)Z[AI HL(02)227A2

C=H"'=
1 —A 1 —A
Hp(01)—z "1 Hp(0y)—z "2

11 2

However, since the crosstalk canceller as defined by equa-
tion 1 should be designed based on all positions of the listener,
much time and effort would be required to develop a design,
and a large amount of memory would be needed to implement
such a system. For example, since the crosstalk canceller as
defined by equation 1 should consider all positions of the
listener, the crosstalk canceller as defined by equation 1
would need several thousands to several ten thousands of
filter coefficients.

Thus, a crosstalk canceller needs to be designed by sepa-
rating information about an angle of the listener and informa-
tion about a distance. Equation 1 can be converted into equa-
tion 2 through a simple procedure.

L, [EQUATION 2]
™ 0 o
[ Hp(01) Hp(62) }

1 Hg(61) Hg(02)

0 —7 ™
11

In equation 2, time delays (A, A,) are calculated using
distances (r;, r,) between two speakers, a sampling frequency
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Fs, and a sound wave speed ¢ (343 m/s), as the following
equation 2, where int( ) is an operator to form an integer.

rnFs

EQUATION 3
A =im(—), Ay = (EQ I
C

e

Thus, as illustrated in equation 2, the crosstalk canceller C
can be separated into a matrix represented by a distance and
an inverse matrix represented by an HRTF, which is an angu-
lar function.

Calculation of the matrix represented by the distance of the
separated two matrices is not complicated and thus the matrix
represented by the distance can be calculated in real-time. A
gain value and a delay value to determine an output level of
two speakers and a time delay are calculated from equations
2 and 3. Thus, the output level and the time delay are adjusted
by multiplying the gain value and the delay value by a signal
right before a final output value of two speakers.

Since it is difficult to calculate the inverse matrix of the
HRTF in real-time, the inverse matrix of the HRTF is
designed in advance and is designed in a look-up table format.
Thus, a lookup table can search for an inverse matrix corre-
sponding to a listener’s position, and can apply the inverse
matrix corresponding to the listener’s position to the crosstalk
canceller. In general, most listeners’ positions can be
expressed only by several to several tens of HRTF inverse
matrices.

FIG. 4 is ablock diagram illustrating an apparatus to repro-
duce a virtual sound according to an embodiment of the
present general inventive concept. The apparatus to repro-
duce the virtual sound includes a position recognition system
410, a parameter converter 420, and a virtual sound processor
430.

Referring to FIG. 4, the apparatus to produce the virtual
sound generates a virtual sound of two channels by a received
PCM sound input of a 5.1 channel. A conventional apparatus
to reproduce a virtual sound is designed with respect to a
listener’s specific position. Thus, if a listener is not located in
the specific position, a surround-sound stereo feeling is
remarkably reduced.

The position recognition system 410 recognizes a listen-
er’s position. The position recognition system 410 can use
well-known technology, and the present general inventive
concept is not limited to a specific method. As an example, the
listener’s position can be recognized using a camera or an
ultrasonic sensor. Only an assumption that position informa-
tion (distance and angle) about a listener’s horizontal plane is
recognized by the position recognition system 410 is made.

The parameter converter 420 converts the position infor-
mation (distance and angle) of the listener recognized by the
position recognition system 410 into a parameter format that
requires the virtual sound processor 430. That is, the param-
eter converter 420 generates a gain value g, a delay value A,
and filter type index information using the position informa-
tion (distance and angle) of the listener.

The virtual sound processor 430 generates a virtual sound
of two channels by a received PCM sound input of a 5.1
channel. In particular, the virtual sound processor 430 adjusts
an output level of two speakers 442 and 444 and a time delay
using the output gain value g and the delay value A between
two speakers converted by the parameter converter 420, and
updates filter coefficients of a localization filter using filter
type index information.

FIG. 5 is a detailed diagram illustrating the parameter
converter 420 of FIG. 4. Referring to FIG. 5, the parameter
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converter 420 includes a geometry conversion unit (e.g.
geometry conversion) 510, an acoustic model unit (e.g.
acoustic model) 520, and a table matching unit (e.g. table
matching) 530. The geometry conversion unit 510 calculates
a geometric relationship between two speakers and a listener
by adding distance information d between two speakers to
position information r and 6 of a listener.

The acoustic model unit 520 calculates the gain value g, for
example left and right gain values (g;, gz), and the delay value
A, for example left and right delay values (A;,Ay), of outputs
of'two speakers from distance information (r,, r,) between the
two speakers and the listener using an acoustic model. Equa-
tion 4 represents a procedure of calculating a geometric rela-
tionship between the two speakers and the listener and the
gain values (g;, gz) and the delay values (A;,Az) of the
outputs of the two speakers using the geometry conversion
and the acoustic model.

y = rcosé, x = rsind [EQUATION 4]

01 =0-¢1,0,=0-¢>

Y Y
r= s =
cosg; cosgy
if >0
gr=14,=0
—r)F
gR=r2 A :l.m((rl ) S)
F C
if <0
r (rp —r)Fs
=L Ay =i 20
8L ok mt( c )
gr=1,4p=0

The table matching unit 530 determines a filter type index
value to select afilter coefficient set corresponding to position
information (angle) of a listener at a look-up table of a
crosstalk canceller designed in advance. The following are
examples of three type indices.

Type index (1): 6,=5°, 6,=5°,

Type index (2): 6,=5°, 8,=10°,

Type index (3): 6,=5°, 8,=15°,

FIG. 6 is a detailed diagram illustrating the virtual sound
processor 430 of FIG. 4. Referring to FIG. 6, the virtual sound
processor 430 includes a filter table 610, a virtual sound
generator 620, and an output controller 630. The filter table
610 includes localization filter coefficients corresponding to
each of filter type indices determined by the parameter con-
verter 420. In this case, the localization filter coefficients are
selected by the filter table 610.

The virtual sound generator 620 updates filter coefficients
of a localization filter using the filter coefficients selected by
the filter table 610 and generates left and right output signals
from an input 5.1-channel PCM sound as a virtual sound.

The virtual sound generator 620 may have a structure in
which a finite impulse response (FIR) filter is used to localize
a sound source. When a binaural synthesis portion and a
crosstalk canceller are separated from each other, the virtual
sound generator 620 designs a crosstalk canceller in various
positions of a listener in advance, establishes a filter table and
uses filter coefficients corresponding to a listener’s position.
In addition, when the binaural synthesis portion and the
crosstalk canceller are multiplied, the virtual sound generator
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620 multiplies a crosstalk canceller matrix and a binaural
synthesis matrix corresponding to the various positions of the
listener in advance, established a filter table and uses filter
coefficients corresponding to a corresponding position of the
listener.

The output controller 630 adjusts a level of a signal output
from the virtual sound generator 620 and a time delay using
the gain value g calculated by the parameter converter 420
and the delay value (A). The output controller 630 adjusts an
output level of two speakers and a time delay to generate
adjusted left and right output signals.

FIG. 7 illustrates the virtual sound generator 620 of FIG. 6.

Referring to FIG. 7, a multi-channel audio signal 100
includes a left channel signal (L), a center channel signal (C),
a low frequency effect channel signal (LFE), a right channel
signal (R), a left surround channel signal (Ls), and a surround
channel signal (Rs). In the present embodiment of the present
general inventive concept, a 5.1 channel has been described,
but the present general inventive concept can be applied to a
multi-channel such as a 6.1 channel and a 7.1 channel. The
multi-channel audio signal 100 may be a 5.1 channel signal.
The virtual sound generator 620 includes a signal correction
filter unit 700, a virtual sound filter unit 704, and first and
second addition units 701 and 702.

The virtual surround filter unit 704 inputs a left surround
channel signal (Ls) and a right surround channel signal (Rs)
of multi-channel audio signals.

The virtual surround filter unit 704 lowers a correlation
between input left and right surround channel signals, simul-
taneously generates a presence feeling, and generates a vir-
tual sound source at left and right rear sides of the listener.

The signal correction filter unit 700 inputs a left channel
signal (L), a center channel signal (C), a low frequency effect
channel signal (LFE), and a right channel signal (R).

At this time, output gains of the left and right surround
channel signals output from the virtual surround filter unit
704 are changed and time delays thereof occur. Thus, the
signal correction filter unit 700 adjusts gains and time delays
of the left channel signal (L), the center channel signal (C),
the low frequency effect channel signal (LFE), and the right
channel signal (R) according to the output gains and the time
delays of the left and right surround channel signals.

The first and second addition units 701 and 702 add left
channel signals output from the virtual surround filter unit
704 and the signal correction unit 700 and add right channel
signals output from the virtual surround filter unit 704 and the
signal correction unit 700. Then, the added left signal is
output to the left channel speaker 442 and the added right
signal is output to the right channel speaker 444 thought, for
example, the output controller 630 as the left and right output
signals.

FIG. 8 illustrates the signal correction filter unit 700 of
FIG.7

Referring to FIG. 8, an output gain of the left channel signal
(L) is changed through a gain unit 810 and the left channel
signal (L) is delayed by a delay unit 815. A left output signal
yL. from output controller 630 of FIG. 6 may represent
G, -Z72E, where G, is a left gain unit and Z™* is a left delay
unit.

An output gain of the center channel signal (C) is changed
through a gain unit 820 and the center channel signal (C) is
delayed by a delay unit 825. A center output signal yC from
output controller 630 of FIG. 6 may represent G.-Z ™2
where G is a center gain unit and Z~2 is a center delay unit.

An output gain of the low frequency effect channel signal
(LFE) is changed through a gain unit 830 and the low fre-
quency effect channel signal (LFE) is delayed by a delay unit
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835. A low frequency effect output signal yLFE from output
controller 630 of FIG. 6 may represent G, .- Z~ 7%, where
Gy i is a low frequency effect gain unit and Z*%4% is a low
frequency eftect delay unit.

An output gain of the right channel signal (R) is changed
through a gain unit 840 and the right channel signal (R) is
delayed by a delay unit 845. A right output signal yR from
output controller 630 of FIG. 6 may represent G,-Z™*% where
Gy, is a right gain unit and Z~2% is a right delay unit.

A first adding-up unit 800-1 adds up signals output from
the delay units 815, 825, and 835. A second adding-up unit
800-2 adds up signals output from the delay units 825, 835,
and 845.

FIG.9 illustrates the virtual surround filter unit 704 of FIG.
7.

Referring to FIG. 9, the virtual surround filter unit 704
includes a preprocessing filter unit 920 and a localization
filter unit 980.

The preprocessing filter unit 920 lowers a correlation
between an input left surround channel signal (Ls) and an
input right surround channel signal (Rs), improves a localiza-
tion feeling of a surround channel sound and simultaneously,
generates a presence feeling. When a correlation between a
left surround channel signal and a right surround channel
signal is high due to front and/or back confusion, a sound
image may move forward to a front side again, making it
difficult to feel a surround-sound effect. Thus, the preprocess-
ing filter unit 920 lowers the correlation between the left and
right surround channel signals (Ls, Rs), and generates a pres-
ence feeling so that a natural surround channel effect can be
generated.

The localization filter unit 980 uses a 2 matrix structure in
which a binaural synthesis matrix and a crosstalk canceller
matrix are multiplied in advance so as to reproduce a virtual
sound. The localization filter unit 980 receives signals output
from the preprocessing filter unit 920, disposes a virtual
sound source at the left/right rear sides of the listener and
generates a surround-sound stereo feeling. At this time, the
localization filter unit 980 multiplies the crosstalk canceller
matrix and the binaural synthesis matrix corresponding to
various positions of the listener in advance and establishes a
filter table.

FIG. 10 illustrates the localization filter unit 980 of FIG. 9.

Referring to FIG. 10, the localization filter unit 980 con-
verts the left surround channel signal (Ls) and the right sur-
round channel signal (Rs) output from the preprocessing filter
unit 920 into a virtual sound source at left and right rear sides
of a listener.

The localization filter unit 980 convolves the left surround
channel signal (Ls) and the right surround channel signal (Rs)
output from the preprocessing filter unit 220 with respect to
four finite impulse response (FIR) filters (K, ;, K5, K, ;, K55)
and the left surround channel signal (Ls) and the right sur-
round channel signal (Rs) are added to each other.

After the left surround channel signal (Ls) is convolved
with respect to the FIR filter (K,,) and the right surround
channel signal (Rs) is convolved with respect to the FIR filter
(K,,), the two signals (Ls) and (Rs) are added to each other so
that a left channel output signal can be generated. After the
left surround channel signal (Ls) is convolved with respect to
the FIR filter (K, ) and the right surround channel signal (Rs)
is convolved with respect to the FIR filter (K,,), the two
signals (Ls) and (Rs) are added to each other so that a right
channel output signal can be generated.

Thus, the four FIR filters (K, |, K, ,, K;;, K,,) are replaced
by filter coefficients that are pre-determined according to
position information of the listener using a look-up table.
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FIG. 11 is a design block diagram illustrating the localiza-
tion filter unit 980 of FIG. 9.

Referring to FIG. 11, the localization filter unit 980 is
calculated by binaural synthesis filter units (B, ;, B,,, B,
B,,) implemented as HRTF matrix between a virtual sound
source and a virtual listener and by crosstalk cancelling filter
units (C,, C,,,C,,,C,,) implemented as an inverse matrix of
the HRTF matrix between the virtual listener and two channel
output positions.

The binaural synthesis filter units (B, |, B,,, B,,, B,,)are a
filter matrix that localizes a virtual speaker into positions of a
left surround speaker and a right surround speaker, and the
crosstalk canceling filter units (C, |, C,,, C,;, C,,) are a filter
matrix that cancels crosstalk between two speakers and two
ears. Thus, a matrix K(z) of the localization filter unit 980 is
calculated by multiplying the binaural synthesis matrix and
the crosstalk canceller matrix.

The present general inventive concept can also be embod-
ied as computer readable codes on a computer readable
recording medium. The computer readable recording
medium is any data storage device that can store data which
can be thereafter read by a computer system. Examples of the
computer readable recording medium include read-only
memory (ROM), random-access memory (RAM),
CD-ROMs, magnetic tapes, floppy disks, optical data storage
devices, and carrier waves (such as data transmission through
the Internet). The computer readable recording medium can
also be distributed over network coupled computer systems
so that the computer readable code is stored and executed in
a distributed fashion. Also, functional programs, codes, and
code segments for accomplishing the present general inven-
tive concept can be easily construed by programmers skilled
in the art to which the present general inventive concept
pertains.

According to the present general inventive concept as
described above, even though a listener hears a sound input of
a 5.1 channel (or more than a 7.1 channel) through 2-channel
speakers, a surround-sound stereo feeling as if the listener
hears the sound input through a multi-channel speaker system
can be generated. In addition, in a conventional virtual sound
system, when a listener is not located in a specific position,
the surround-sound stereo feeling is remarkably reduced,
whereas according to the present general inventive concept,
an optimised stereo sound is reproduced based on a listener’s
position such that the listener can feel an optimised surround-
sound stereo feeling even though the listener is located in any
position. In addition, according to the present general inven-
tive concept, filter coefficients or localization filter coeffi-
cients of a crosstalk canceller based on various positions of
the listener are established as a look-up table in advance, so
that a memory can be reduced.

Although a few embodiments of the present general inven-
tive concept have been shown and described, it will be appre-
ciated by those skilled in the art that changes may be made in
these embodiments without departing from the principles and
spirit of the general inventive concept, the scope of which is
defined in the appended claims and their equivalents.

What is claimed is:

1. A method of reproducing a virtual sound by which a
multi-channel audio signal is reproduced as 2-channel audio
signals, the method comprising:

sensing a listener’s position and recognizing distance and

angle information about the listener’s position;
determining output gain values and delay values of two

speakers based on the distance information about the

sensed listener’s position and determining a filter type
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index to select at least one localization filter coefficient
set corresponding to the angle information; and

generating the virtual sound of the 2-channel audio signals
from the multi-channel audio signal based on a localiza-
tion filter coefficient set corresponding to the filter type
index; and

adjusting levels and time delays of the 2-channel audio

signals based on the determined gain values and delay
values.

2. The method of claim 1, wherein the sensing of the
listener’s position comprises measuring an angle and a dis-
tance of a central position of the two speakers based on a
listener.

3. The method of claim 1, wherein the localization filter
coefficient set uses a structure in which a binaural synthesis
matrix and a crosstalk canceller matrix are multiplied.

4. The method of claim 1, wherein the determining of the
output gain values and the delay values of the two speakers
comprises calculating a distance between the listener and the
two speakers.

5. The method of claim 1, wherein:

the speakers comprises:

left and right speakers,

the output gain values and delay values comprises:

left and right output gains and left and right delay values of

the two speakers, and the left and right output gains and
the left and right delay values are obtained:

gL=r2/r1, gR=r1/r2AL=linteger(Fs(r2-rl)/c)l,
AR=linteger(Fs(r1-r2/c)l,
wherein rl is a distance between the left speaker and a lis-
tener, r2 is a distance between the right speaker and the
listener, Fs is a sampling frequency, ¢ is sound velocity, and
integer is an operator making an integer by rounding off to the
nearest integer.

6. The method of claim 1, wherein the selecting of the
localization filter coefficients comprises:

establishing a localization filter table in which a binaural
synthesis matrix and a crosstalk canceller matrix are
multiplied;

selecting a filter type index corresponding to a first angle
and a second angle between the two speakers and the
listener, wherein the first angle is formed by r and a
vector r,, and the second angle is formed by r and r,, r is
a distance with respect to a position between the center
point between the two speakers and the listener, r; is a
distance between a left speaker and the listener, r, is a
distance between a right speaker and the listener; and

extracting the localization filter coefficients corresponding
to the filter type index.

7. The method of claim 6, wherein the establishing a local-
ization filter table comprises storing in a filter table coeffi-
cients in which the binaural synthesis matrix and the crosstalk
canceller matrix that are calculated in various positions of the
listener are multiplied.

8. An apparatus to reproduce a virtual sound, comprising:

a position recognition system to sense a listener’s position
and to measure an angle and a distance between a lis-
tener and two speakers;

a parameter converter to extract output gain values and
delay values of the two speakers from distance informa-
tion extracted by the position recognition system and to
determine filter type index information that matches
angle information from a look-up table; and

a virtual sound processor to establishing localization filter
coefficients of a crosstalk canceller based on various
positions of the listener as the look-up table and adjust
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output levels and time delays of the two speakers from
the output gain values and delay values of the two speak-
ers converted by the parameter converter and to update
filter coefficients corresponding to the listener’s position
of a localization filter from filter coefficients corre-
sponding to the filter type index information.

9. The apparatus of claim 8, wherein the parameter con-
verter comprises:

a geometry conversion unit to calculate a geometry rela-
tionship between the two speakers and the listener based
on the distance and angle information between the two
speakers and the listener;

an acoustic model unit to extract output gain values and
delay values of the two speakers through acoustic mod-
eling from the distance information calculated by the
geometry conversion unit; and

a table matching unit to extract a filter type index to select
a set of filter coefficients of the localization filter corre-
sponding a listener’s position from the angle informa-
tion calculated by the geometry conversion unit and a
predetermined localization filter coefficient table.

10. The apparatus of claim 8, wherein the virtual sound

processor comprises:

a filter table in which localization filter coefficients that are
calculated in advance and match each of filter type indi-
ces are stored;

avirtual sound generator to update filter coefficients of the
localization filter from the localization filter coefficients
that match the filter type index information and to con-
vert audio signals of two channels into virtual sound
sources in a predetermined position; and

an output controller to adjust output levels and time delays
of' signals output from the virtual sound generator based
on the output gain values and delay values of the two
speakers.

11. The apparatus of claim 10, wherein the virtual sound
generator comprises a filter matrix structure in which a bin-
aural synthesis matrix and a crosstalk canceller matrix are
multiplied.
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12. The apparatus of claim 10, wherein the filter table
comprises localization filter coefficients calculated in various
positions of the listener.

13. A non-transitory computer-readable recording medium
having recorded thereon a program to execute a method of
reproducing a virtual sound by which a multi channel audio
signal is reproduced as 2-channel audio signals, wherein the
program controls the method according to a process compris-
ing:

sensing a listener’s position and recognizing distance and
angle information about the listener’s position;

determining output gain values and delay values of two
speakers based on the distance information about the
sensed listener’s position and determining a filter type
index to select at least one localization filter coefficient
set corresponding to the angle information; and

generating the virtual sound of the 2-channel audio signals
from the multi-channel audio signal based on a localiza-
tion filter coefficient set corresponding to the filter type
index; and

adjusting levels and time delays of the 2-channel audio
signals based on the determined gain values and delay
values.

14. An apparatus to reproduce a virtual sound, comprising:

a position recognition system to sense a listener’s position
and recognize distance and angle information about the
listener’s position;

a parameter converter to determine output gain values and
delay values of two speakers based on the distance infor-
mation about the listener’s position sensed by the posi-
tion recognition system and to determine a filter type
index to select at least one localization filter coefficient
set corresponding to the angle information; and

a virtual sound processor to generate the virtual sound of
2-channel audio signals from a multi-channel audio sig-
nal based on a localization filter coefficient set corre-
sponding to the filter type index and to adjust levels and
time delays of the 2-channel audio signals based on the
gain values and delay values determined by the param-
eter converter.



